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(57) ABSTRACT

Systems and methods are provided for performing noise fil-
tering of a received signal. A first signal is received via a first
receiver. A second signal is received via a second receiver. A
combined signal based on the first and second signals is
generated. The combined signal is processed to generate an
adjusted combined signal. A phase adjustment is performed
on the adjusted combined signal based on amplitude values of
the adjusted combined signal during a period of time and an
amplitude value of the first signal during the period of time.
The phase-adjusted signal is subtracted from the first signal to
generate a noise reference signal. The noise reference signal
is subtracted from the combined signal to generate a filtered
output signal.
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1
METHOD AND APPARATUS FOR FILTERING
NOISE IN A SIGNAL RECEIVED BY A
WIRELESS RECEIVER

CROSS-REFERENCE TO RELATED
APPLICATIONS

This disclosure claims priority to U.S. Provisional Patent
Application No. 61/911,278, filed on Dec. 3, 2013, which is
incorporated herein by reference in its entirety.

FIELD

This disclosure is related generally to wireless signal pro-
cessing and more particularly to filtering noise in a signal
received by a wireless receiver.

BACKGROUND

Wireless communication channels often introduce some
level of noise to a signal being transmitted. Such noise can
reduce the achievable bandwidth of the communication chan-
nel or may corrupt the transmitted signal so much that the
transmitted signal cannot be understood at the receiver. Noise
filtering can be performed at the receiver in an attempt to
restore signal quality such that the transmitted signal can be
extracted and outputted by the receiver.

SUMMARY

Systems and methods are provided for performing noise
filtering of a received signal. An example system for perform-
ing noise filtering of a received signal includes a first receiver
configured to capture a first signal and a second receiver
configured to capture a second signal. Each of the first and
second signals includes a desired signal portion and a noise
portion, where the desired signal portions are received at the
first receiver and the second receiver substantially simulta-
neously, and the noise portions are received at the first
receiver and the second receiver at different times. The sys-
tem further includes a signal processor configured to generate
a combined signal based on the first signal and the second
signal and process the combined signal to generate an
adjusted combined signal. The signal processor is also con-
figured to perform a phase adjustment on the adjusted com-
bined signal based on (i) amplitude values of the adjusted
combined signal during a period of time, and (ii) an amplitude
value of the first signal during the period of time. The signal
processor is also configured to subtract the phase-adjusted
signal from the first signal to generate a noise reference sig-
nal. The noise reference signal is a representation of the noise
portion of the first signal. The noise reference signal is sub-
tracted from the combined signal to generate a filtered output
signal that is substantially similar to the desired signal por-
tions of the first and second signals.

As another example, in a method for performing noise
filtering of a received signal, a first signal is received via a first
receiver. A second signal is received via a second receiver.
Each of the first and second signals includes a desired signal
portion and a noise portion, where the desired signal portions
are received at the first receiver and the second receiver sub-
stantially simultaneously, and the noise portions are received
at the first receiver and the second receiver at different times.
A combined signal based on the first signal and the second
signal is generated. The combined signal is processed to
generate an adjusted combined signal. A phase adjustment is
performed on the adjusted combined signal based on (i)
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amplitude values of the adjusted combined signal during a
period of time, and (ii) an amplitude value of the first signal
during the period of time. The phase-adjusted signal is sub-
tracted from the first signal to generate a noise reference
signal. The noise reference signal is a representation of the
noise portion of the first signal. The noise reference signal is
subtracted from the combined signal to generate a filtered
output signal that is substantially similar to the desired signal
portions of the first and second signals.

As a further example, a system for performing noise filter-
ing of a received signal includes a first receiver configured to
capture a first signal and a second receiver configured to
capture a second signal. Each of the first and second signals
includes a desired signal portion and a noise portion, where
the desired signal portions are received at the first receiver and
the second receiver substantially simultaneously, and the
noise portions are received at the first receiver and the second
receiver at different times. The system includes an adder
configured to combine the first signal and the second signal to
form a combined signal and a phase shifter configured to
process the combined signal to generate an adjusted com-
bined signal. The system also includes a phase feedback loop
configured to perform a phase adjustment to the adjusted
combined signal based on (i) amplitude values of the adjusted
combined signal during a period of time, and (ii) an amplitude
value of the first signal during the period of time. The system
further includes a subtractor configured to subtract the phase-
adjusted signal from the first signal to generate a noise refer-
ence signal that is subtracted from the combined signal to
generate a filtered output signal. The noise reference signal is
arepresentation of the noise portion of the first signal, and the
filtered output signal is substantially similar to the desired
signal portions of the first and second signals. The phase
adjustment is continually regulated based on amplitude val-
ues of the adjusted combined signal and the first signal.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1is adiagram depicting a system for performing noise
filtering of a received signal that utilizes two antennas.

FIG. 2 is a block diagram depicting a system for perform-
ing noise filtering of a received signal.

FIG. 3 is a block diagram depicting a signal processor
performing a phase adjustment on a combined signal.

FIG. 4 is a block diagram depicting a signal processor
performing a phase adjustment and a gain adjustment on a
combined signal.

FIG. 5 is a block diagram depicting an example implemen-
tation of a system performing noise filtering of a received
signal.

FIGS. 6 A and 6B are example graphs depicting amplitude
values for signals M1 and x during a period of time.

FIG. 7 is example graph showing an amplitude value t3 of
a first signal M1 that is outside of a first range of amplitude
values defined by amplitude values t1 and 2 of a signal x and
outside of a second range of amplitude values defined by
amplitude values t1' and 12 of the signal x.

FIG. 8 is an example graph showing an amplitude value t3
of a first signal M1 that is within a first range of amplitude
values defined by amplitude values t1 and 2 of a signal x and
within a second range of amplitude values defined by ampli-
tude values t1' and t2 of the signal x.

FIG. 9 is a flow diagram depicting an example method for
determining a phase error between an adjusted combined
signal x and a first signal M1.
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FIG. 10A is a graph depicting an amplitude of a desired
signal s, and FIG. 10B is a graph depicting an amplitude of a
noise signal n.

FIG. 10C is a graph depicting phase error values generated
in performing noise filtering of a signal.

FIG. 11 is a flow diagram depicting a method of performing
noise filtering of a received signal.

FIG. 12 is a diagram depicting the acquisition of a first
signal M1 and a second signal M2 in an audio processing
context.

DETAILED DESCRIPTION

FIG. 1 is a diagram depicting a system for performing
spatial filtering of a received signal that utilizes two antennas.
A receiver 102 includes a plurality of antennas 104, 106
configured to wirelessly receive a signal from a signal source
108. For example, when the receiver 102 is configured to
receive audio signals, the two antennas 104, 106 can be imple-
mented using microphones. The antennas 104, 106 are posi-
tioned orthogonally to a direction from which an incoming
signal 110, 112 from the signal source 108 is expected to be
received. Because the antennas 104, 106 are positioned
orthogonally to the expected direction of travel of the incom-
ing signal 110, 112, the incoming signal 110, 112 is received
by the antennas 104, 106, respectively, at nearly the same
time.

A communication channel through which the incoming
signal 110, 112 is transmitted will often introduce a noise
component from a noise source 114. For example, when the
receiver 102 is implemented in an audio context (e.g., as part
of'a cell phone microphone component), ambient noise from
the noise source 114 is picked up by the microphones 104,
106. Because the noise source 114 is coming from a direction
that is not orthogonal to the positioning of the antennas 104,
106, the antennas will receive the noise reference signal 116,
118 at different times. In the example of FIG. 1, the first
antenna 104 receives the noise reference signal 116 before the
second antenna 106 receives the noise reference signal 118
due to the longer distance between the noise source 114 and
those respective antennas.

A noise filter 120 is configured to utilize the time differen-
tiation of the receipt of the noise reference signals 116, 118 to
generate a noise filtered signal 122 that is as close as possible
to the transmitted signal 110, 112 based on a first signal M1
provided by the first antenna 104 and a second signal M2
provided by the second antenna 106. The use of the noise filter
120 in this manner may be known as beamforming. Beam-
forming is a technique used to achieve spatial selectivity
when receiving a signal by more than one receiver. The
received signal can be an audio signal, an electromagnetic
signal, or a signal of another type.

FIG. 2 is a block diagram depicting a system for perform-
ing noise filtering of a received signal. A first antenna captures
a first signal, and the first signal is illustrated in FIG. 2 as M1.
A second antenna captures a second signal, and the second
signal is illustrated in FIG. 2 as M2. Each of the first signal M 1
and the second signal M2 has a desired signal component and
a noise component. With reference to the example of FIG. 1,
the signal source 108 is positioned such that the direction of
travel of the desired signal 110, 112 is orthogonal to the
positions of the antennas 104, 106. Thus, the desired signal
110, 112 is received by the first antenna 104 and the second
antenna 106 almost simultaneously. In contrast, the noise
source 114 is positioned at a different angle with respect to the
antennas 104, 106 than the signal source 108. Consequently,
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the noise reference signal 116, 118 is received at different
times by the antennas 104, 106 due to the differing distances
travelled. Thus:

M1=s+n; and

M2=(s delayed by ds)+(n delayed by on), (Equation 1)

where s is the desired signal, n is the noise, s is the delay in
receipt of the desired signal between the first antenna 104 and
the second antenna 106, dn is the delay in receipt of the noise
between the first antenna 104 and the second antenna 106,
where dn will tend to be greater than ds because the noise is
coming from a direction other than the expected direction
from which the desired signal is received, and the amplitude
of's is on average larger than the amplitude of n.

The system of FIG. 2 utilizes the differing times of arrival
of'the desired signal and the noise at the antennas to filter the
noise from the received first signal M1 and second signal M2
to output a filtered signal Y. At 202, the first signal M1 and the
second signal M2 are combined, such as via an averaging
operation, where prior to the combining, each of M1 and M2
are multiplied by 0.5, to form a combined signal D. When M1
and M2 are averaged to form D, D can be represented as:

D=(s delayed by ds/2)+(n delayed by d1/2). (Equation 2)

A signal processor 204 receives the combined signal D and
processes that signal to generate an adjusted combined signal
x that is outputted at 206. As described in further detail below,
x is a phase-adjusted and gain-adjusted version of D. Further,
the adjusted combined signal x that is output at 206 is a
representation of the desired signal received from the signal
source. At 208, the signal x is subtracted from the first signal
M1 from the first antenna to generate a signal B that is rep-
resentative of the noise received from the noise source. That
noise reference signal B is subtracted from the combined
signal D at 210 to generate a noise-reduced output signal Y. In
one embodiment, the noise signal B is provided to an adaptive
filter 214 for processing prior to being subtracted from the
combined signal D at 210. The noise reference signal B is also
provided to the signal processor 204. As explained in further
detail below, the noise reference signal B and the combined
signal D are used by the signal processor 204 to generate a
gain error that is used in adjusting a gain of the combined
signal D.

As noted above, the first signal M1 processed at 208 is
composed of s+n, and the combined signal D, without adjust-
ment by the signal processor 204, is composed of (s delayed
by 38s/2)+(n delayed by 0n/2). Because the desired signal
portions of the first signal M1 and the combined signal D are
initially out of phase, a first subtraction operation at 208 (i.e.,
M1-x) will likely not result in an accurate noise reference
signal B that does not include components of the desired
signal s. Thus, the signal processor 204 is configured to per-
form a phase adjustment on the adjusted combined signal x
based upon (i) feedback 212 from the adjusted combined
signal x that is output at 206, and (ii) the first signal M1 that
is received by the signal processor 204 at 216. Specifically,
the signal processor 204 is configured to perform the phase
adjustment on the adjusted combined signal x based on a
plurality of amplitude values of the adjusted combined signal
x during a period of time and an amplitude value of the first
signal M1 during the period of time. The phase adjustment is
used to align the first signal M1 and the adjusted combined
signal x. By aligning M1 and x, the noise reference signal B
(which is equal to M1-x) includes components of the noise
signal n and does not include components of the desired
signal s.
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FIG. 3 is a block diagram depicting a signal processor
performing a phase adjustment on a combined signal. A first
antenna captures a first signal, and the first signal is illustrated
in FIG. 3 as M1. A second antenna captures a second signal,
and the second signal is illustrated in FIG. 3 as M2. At 302, the
first signal M1 and the second signal M2 are combined to
form a combined signal D. The combined signal D is provided
to a phase shifter 306. The phase shifter 306 processes the
combined signal D to generate an adjusted combined signal x
308. The adjusted combined signal x 308 is subtracted from
the first signal M1 at 310 to generate a noise reference signal
B. The noise reference signal B is filtered by adaptive filter
314 and then is subtracted from the combined signal D at 312
to generate a filtered output signal Y.

Feedback 316 from the adjusted combined signal x 308 is
provided to an error generator 304. The error generator 304
also receives the first signal M1, as illustrated at 318. The
error generator 304 instructs the phase shifter 306 to adjust
the phase of the adjusted combined signal x 308, thus causing
a signal portion of the adjusted combined signal x 308 to
match the signal portion of the first signal M1. The signal
processor of FIG. 3 thus includes a phase loop configured to
align M1 and x. As described in greater detail below, the error
generator 304 instructs the phase shifter 306 to adjust the
phase of the adjusted combined signal x 308 based on (i)
amplitude values of the adjusted combined signal x during a
period of time, and (ii) an amplitude value of the first signal
M1 during the period of time.

If components of the desired signal (i.e., the desired signal
s) remain in the noise reference signal B, this is undesirable.
Specifically, ifthe components ofthe desired signal remain in
the noise reference signal B, then the subtraction operation
performed at 312 may cause components of the desired signal
to be subtracted from the combined signal D and not included
in the filtered output signal Y. The signal processor of FIG. 3
includes a phase loop, and when this phase loop settles, the
signals x and M1 are well-aligned, thus causing the noise
reference signal B to contain n only and not contain s.

FIG. 4 is a block diagram depicting a signal processor
performing a phase adjustment and a gain adjustment on a
combined signal. It is possible in some implementations that
the level of the signal portion of the first signal M1 and the
combined signal D may differ. For example, differences in the
first antenna and second antenna (e.g., antennas 104, 106 in
FIG. 1), could result in the combined signal D (e.g., the
average of M1 and M2) having a different signal level com-
ponent than the first signal M1 alone. This may be due to, for
example, minor hardware differences, such as microphone
construction, among other reasons. Thus, the system of FIG.
4 incorporates a gain adjustment to further improve the match
between the adjusted combined signal x from the signal pro-
cessor with the signal portion of the first signal M1 to improve
the accuracy of the noise reference signal B.

A first antenna captures a first signal, and the first signal is
illustrated in FIG. 4 as M1. A second antenna captures a
second signal, and the second signal is illustrated in F1G. 4 as
M2. At 402, the first signal M1 and the second signal M2 are
averaged to form a combined signal D. The combined signal
D is provided to an error generator 404 and a phase shifter
406. The phase shifter 406 performs a phase adjustment on
the combined signal D and outputs a phase adjusted signal
408. The phase adjusted signal 408 undergoes a gain adjust-
ment at 416 to generate an adjusted combined signal x. It
should thus be appreciated that the adjusted combined signal
x described herein is a phase-shifted and gain-adjusted ver-
sion of D. The adjusted combined signal x is subtracted from
the first signal M1 at 410 to generate a noise reference signal
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B. The noise reference signal B is filtered by adaptive filter
418 and then is subtracted from the combined signal D at 412
to generate a filtered output signal Y.

The adjusted combined signal x is provided to the error
generator 404 via feedback 420. The error generator 404
instructs the phase shifter 406 to adjust the phase of the
adjusted combined signal x to cause the signals M1 and x to
be aligned. To instruct the phase shifter 406, the error gen-
erator 404 determines a phase error between the signals M1
and x based on (i) amplitude values of the adjusted combined
signal x during a period of time, and (ii) an amplitude value of
the first signal M1 during the period of time. The phase error
determined by the error generator 404 is provided to the phase
adjuster 406 and used in performing a phase adjustment on
the signal x to cause the signals M1 and x to be aligned. The
error generator 404 also receives the noise reference signal B
via feedback 422. Based on the noise reference signal B and
the combined signal D, the error generator 404 provides a
gain error signal to a gain adjuster 414, and an output from the
gain adjuster 414 is used in performing the above-described
gain adjustment at 416.

FIG. 5 is ablock diagram depicting additional details of the
phase adjustment and gain adjustment described above with
reference to FIG. 4. A first antenna captures a first signal, and
the first signal is illustrated in FIG. 5 as M1. A second antenna
captures a second signal, and the second signal is illustrated in
FIG. 5as M2. At502, the first signal M1 and the second signal
M2 are averaged to form a combined signal D. The combined
signal D is provided to an error generator 504 and to a phase
shifter 506. The error generator 504 provides an error signal
to downstream phase-shifting circuitry that culminates in the
phase shifter 506. The phase shifter 506 performs a phase
adjustment on the combined signal D and outputs a phase
adjusted signal 507. The phase adjusted signal 507 undergoes
a gain adjustment at 524 to generate an adjusted combined
signal x. The adjusted combined signal x is subtracted from
the first signal M1 at 508 to generate a noise reference signal
B. The noise reference signal B is subtracted from the com-
bined signal D at 510 to generate a filtered output signal Y. In
one embodiment, the noise reference signal B is processed by
a filter 512, such as an adaptive filter, before being subtracted
from the combined signal D at 510.

The error generator 504 receives the adjusted combined
signal x and the first signal M1. In one embodiment, the error
generator 504 is configured to generate the error signal that is
output to downstream phase-shifting circuitry based on (i)
amplitude values of the adjusted combined signal x during a
period of time, and (ii) an amplitude value of the first signal
M1 during the period of time. The error signal represents a
phase difference between the signals M1 and x and instructs
the phase shifting circuitry to adjust the phase of the adjusted
combined signal x to match the signal portion of the adjusted
combined signal x with the signal portion of the first signal
M1. In the implementation of FIG. 5, the error signal from the
error generator 504 is multiplied by a step size p at 514, with
the result being provided to a phase accumulator at 516. The
phase accumulator is updated according to

pa'=pa+(p¥err_sig), (Equation 3)

where err_sig is the error signal from the error generator 504,
pa is the phase accumulator value at the present clock cycle,
pa' is the phase accumulator value at the next clock cycle, and
L is the step size. The pa' signal is provided to the phase shifter
506 to command phase adjustment of the adjusted combined
signal x. The calculation of the error signal err_sig is
described in greater detail below with reference to FIGS. 6A,
6B, 7, and 8.



US 9,252,824 B1

7

In addition, the error generator 504 provides a command
signal to gain adjusting circuitry to provide a gain adjustment
onthe phase adjusted signal 507 from the phase shifter 506. In
one embodiment, the error generator 504 is configured to
output a command signal to the downstream gain adjusting
circuitry according to:

Error Generator=D;*B, (Equation 4)

where D is the combined signal D delayed by three units and
B is the noise reference signal that is equal to M1-x. Three
units delay are used here to compensate for the delay created
in the phase shifter 506. In an example, the phase shifter 506
is a 7-tap FIR filter that creates a delay of 3 units. The error
generator 504 instructs the gain adjusting circuitry to adjust
the gain of the phase adjusted signal 507 to match the signal
portion of the adjusted combined signal x with the signal
portion of the first signal M1. In the implementation of FIG.
5, the command signal D;*B from the error generator 504 is
multiplied by a step size p at 518, with the result being
provided to a gain accumulator at 520. The gain accumulator
is updated according to

ga'=ga+(W*D3*B), (Equation 5)

where ga is the gain accumulator value at the present clock
cycle, ga'is the gain accumulator value at the next clock cycle,
1 is the step size, and D;*B is the signal provided by the error
generator 504. A value of 1 is added to the ga' signal at 522 and
that signal is multiplied by the phase adjusted signal 507 from
the phase shifter 506 at 524.

FIGS. 6A and 6B are graphs 570, 580, respectively, depict-
ing amplitude values for signals M1 and x during a period of
time. As described above with reference to FIGS. 4 and 5, a
system for performing noise filtering of a received signal
utilizes a phase loop to align the signals M1 and x. Specifi-
cally, an error generator determines a phase error between the
signals M1 and x based on (i) amplitude values of the adjusted
combined signal x during a period of time, and (ii) an ampli-
tude value of'the first signal M1 during the period of time, and
the determined phase error is used in performing a phase
adjustment on the adjusted combined signal x. FIGS. 6A and
6B are used in illustrating aspects of this phase error deter-
mination. As shown below, the phase error determination is
not dependent on waveform amplitudes of the desired signal
(i.e., the desired signal s) or the noise (i.e., the noise n).
Further, as illustrated below, large phase errors can be ignored
(e.g., considered to be equal to zero) because such large phase
errors reflect the large dn value described above, where dn is
the delay in receipt of the noise between first and second
antennas (e.g., antennas 104, 106 in FIG. 1).

The graph 570 of FIG. 6A includes an x-axis representing
time and a y-axis representing amplitude values for the sig-
nals M1 and x. As described above with reference to FIGS.
1-5, M1 is a first signal captured by a first receiver, and x is an
adjusted combined signal that is a phase-shifted and gain-
adjusted version of the average signal D. Amplitude values
for the signals M1 and x illustrated on the graph 570 are used
in performing a phase adjustment on the signal X in order to
cause the signals M1 and x to be aligned. Specifically, FIG.
6A depicts a first amplitude value 12 of the adjusted combined
signal x that occurs at a first time and a second amplitude
value t1 of the adjusted combined signal x that occurs at a
second time that is after the first time. FIG. 6 A further depicts
an amplitude value t3 of the first signal M1 that occurs at the
first time. The amplitude value t3 of the first signal M1 is
within a range of amplitude values defined by the first and
second amplitude values t2 and t1 of the adjusted combined
signal x (i.e., t1<t3<t2).
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A phase error between the signals M1 and x is determined
based on the amplitude values t1, t2, and t3 described above.
Specifically, these amplitude values t1, t2, and t3 are used to
determine a length of the dashed line 572, where the length
represents the phase error between the signals M1 and x. The
length of the dashed line 572 is a difference between (i) the
first time (i.e., the time at which the amplitude values t2 and
3 occur in the signals x and M1, respectively), and (ii) a time
at which the adjusted combined signal x has an amplitude
value that is equal to the amplitude value t3 of the first signal
M1. Using a linear approximation, the length of the dashed
line 572 is approximated as

p_el=(13-12)/(11-12), (Equation 6)

where p_el is the approximate length of the dashed line 572,
and 13, t2, and t1 are the amplitude values of the signals M1
and x described above.

In addition to the aforementioned amplitude values t1, t2,
and 13, the example graph 570 of FIG. 6A also depicts an
amplitude value of the adjusted combined signal x. As illus-
trated in the figure, the amplitude value t1' occurs at a time
that is before the first time. Because the first signal M1 leads
the adjusted combined signal x in the example of FIG. 6 A, the
amplitude value t3 of the first signal M1 has an amplitude
value that is within the range of amplitude values defined by
12 and t1. In such a situation, the amplitude value t1' is not
used in approximating the length of the dashed line 572. By
contrast, in a situation where the first signal M1 lags the
adjusted combined signal x, the amplitude value t3 is greater
than the value t2, and the amplitude value t1' is used in
approximating the phase error between the signals M1 and x.

To illustrate the use of the amplitude value t1' in such a
situation, FIG. 6B is a graph 580 depicting a first signal M1
that lags an adjusted combined signal x. The graph 580 of
FIG. 6B includes an x-axis representing time and a y-axis
representing amplitude values for the signals M1 and x. FIG.
6B depicts an amplitude value t1' of the adjusted combined
signal x that occurs at a first time, and a second amplitude
value t2 of the adjusted combined signal x that occurs at a
second time that is after the first time. FIG. 6B further depicts
an amplitude value t3 of the first signal M1 that occurs at the
second time. The amplitude value t3 of the first signal M1 is
within a range of amplitude values defined by the amplitude
values t2 and t1' of the adjusted combined signal x (i.e.,
2<t3<t1").

A phase error between the signals M1 and x is determined
based on the amplitude values t1', 12, and t3. These amplitude
values t1', t2, and t3 are used to determine a length of the
dashed line 582, where the length represents the phase error
between the signals M1 and x. The length of the dashed line
582 is determined using a linear approximation as

p_e2=(13-12)/(11 -12), (Equation 7)

where p_e2 is the approximate length of the dashed line 582
and t3, t2, and t1' are the amplitude values of the signals M1
and x described above.

InFIG. 6B, an amplitude value t1 ofthe adjusted combined
signal x occurs at a time that is after the second time. Because
the first signal M1 lags the adjusted combined signal x in the
example of FIG. 6B, the amplitude value t3 of the first signal
M1 has an amplitude value that is within the range of ampli-
tude values defined by t2 and t1', and the amplitude value t1 is
not used in calculating the length of the dashed line 582.

In general, when determining the phase error between the
first signal M1 and the adjusted combined signal x, it is not
known whether M1 tags or leads x. Thus, calculations are
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made using both of the amplitude values t1 and t1', and a valid
phase error is determined on the basis of these calculations. In
an example,

t3=amplitude of first signal M1 at time %,
2=amplitude of adjusted combined signal x at time %,

t1=amplitude of adjusted combined signal x at time
k+1, and

t1'=amplitude of adjusted combined signal x at time

k-1. (Equation 8)

A first potential phase error value is calculated based on t1,
12, and t3 amplitude values:

p=((13-12)/(t1-22))*T, (Equation 9)

where p is the first potential phase error value and T is the
clock cycle of the system (e.g., a clock cycle of the error
generator and/or other components of the signal processor). It
should be understood that the first potential phase error value
p is normalized to the clock cycle T. A second potential phase
error value is calculated based on t1', t2, and t3 amplitude
values:

p=((B3-2)/(11"-12))*T. (Equation 10)

To select the valid phase error from the first potential phase
error and the second potential phase error, a number of
expressions are evaluated. Specifically, if ((t3-t1)*
(13-12))<0, then t3 is within a range of amplitude values
defined by t1 and 12, and p is selected as the valid phase error.
If ((13-t1")*(t3-12))<0, then t3 is within a range of amplitude
values defined by t1' and t2, and p' is selected as the valid
phase error. In this scheme, the valid phase error is normal-
ized to the clock cycle T, such that the phase error is always
within the range -1 to 1.

In other examples, an alternate framework is used in deter-
mining a valid phase difference between the signals M1 and x.
As described below, the alternate framework is used in situ-
ations where potential phase error values p and p' are calcu-
lated according to Equations 9 and 10 above, but it cannot be
determined if p or p' is valid. For example, FIG. 7 is a graph
700 depicting amplitude values for an adjusted combined
signal x and a first signal M1. The graph 700 depicts a first
amplitude value t1' of the adjusted combined signal x at a first
time, a second amplitude value t2 of the adjusted combined
signal x at a second time that is after the first time, and a third
amplitude value t1 of the adjusted combined signal x at a third
time that is after the second time. The adjusted combined
signal x forms a peak, as illustrated in FIG. 7. The graph 700
also depicts an amplitude value t3 of the first signal M1 that
occurs at the second time. The amplitude value t3 is not within
afirst range of amplitude values defined by t1 and t2, and t3 is
also not within a second range of amplitude values defined by
t1' and t2. Because the amplitude value t3 is not within either
of'the first and second ranges, it cannot be determined if p or
p' is valid, and consequently, the phase error is set equal to
zero (“07).

Similarly, FIG. 8 is a graph 800 depicting amplitude values
t1, t1', 12, and t3 (as defined above with reference to FIG. 7),
where the adjusted combined signal x forms a peak. In the
example of FIG. 8, the amplitude value t3 is within the first
range of amplitude values defined by t1 and t2, and 13 is also
within the second range of amplitude values defined by t1' and
2. Because the amplitude value t3 is within both the first and
second ranges, it cannot be determined if p or p' is valid, and
consequently, the phase error is set equal to zero (“0”). In
another example, because the amplitude value is within both
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of the first and second ranges, the phase error is set equal to
the value of p or p' that has a smaller absolute value.

An example framework for determining a valid phase dif-
ference between the signals M1 and x utilizes features of the
approaches described above with reference to FIGS. 6 A-8. In
the example framework, amplitude values t3, 12, t1, and t1' are
defined according to Equation 8. If ((t3-t1)*(t3-t2))<0, p is
set equal to ((t3-12)/(t1-t2))*T, according to Equation 9.
Otherwise, p is set equal to a value “1.1.” Because a valid
phase error is always within a range of -1 to 1, the value 1.1
is a flag of invalidity. If ((t3-t1")*(t3-t2))<O0, p' is set equal to
((13-12)/(11'-12))*T, according to Equation 10. Otherwise, p'
is set equal to the value 1.1. After setting the values of p and
p' according to these conditions, a number of expressions are
evaluated to determine the phase error between the signals
M1 and x:

If (p==1.1) and (p'==1.1), let phase error=0,
If (p=1.1) and (p'=1.1), let phase error=0,
If (p==1.1) and (p'=1.1), let phase error=p', and

If (p=1.1) and (p’==1.1), let phase error=p. (Equation 11)

Under this framework, the phase error is always within the
range of -1 to 1 and is insensitive to waveform amplitudes of
the desired signal (i.e., the desired signal s) and the noise (i.e.,
the noise n). When the desired signal s has a small amplitude
(e.g., the desired signal s is quiet), the phase error has a value
that is away from 0, thus reflecting the large delay on. In an
example, if the phase error is too far away from 0 (e.g., as
determined based on a predetermined threshold or another
criterion), then the phase error is considered to be equal to
zero. In this example, the large phase error most likely reflects
the large delay dn. On the other hand, when s has a large
amplitude and is dominant (e.g., the desired signal s is larger
than the noise n), the phase error has a value that is around 0,
thus reflecting the small delay ds.

In another example, M1 and x are interchanged in the
calculation of the phase error. Specifically, in the example
framework above, where features of the approaches described
with reference to FIGS. 6 A-8 are used, amplitude values t3,
12, t1, and t1' are defined according to Equation 8. In the
example where M1 and x are interchanged, these amplitude
values are instead defined as follows:

3=amplitude of adjusted combined signal x at time %,
2=amplitude of first signal M1 at time %,
t1=amplitude of first signal M1 at time k+1, and

t1'=amplitude of first signal M1 at time k1. (Equation 12)

The determining of the phase error is otherwise consistent
with the example framework described above (i.e., values p
and p' are calculated according to Equations 9 and 10, respec-
tively or set equal to the invalidity flag 1.1, and the expres-
sions of Equation 11 are evaluated to determine the phase
error).

FIG. 9 is a flow diagram depicting an example method for
determining a phase error between an adjusted combined
signal x and a first signal M1. As described above with refer-
ence to FIGS. 6 A-8, in performing a phase adjustment on the
adjusted combined signal x, (i) amplitude values of the
adjusted combined signal x during a period of time and (ii) an
amplitude value of the first signal M1 are considered. Spe-
cifically, the amplitude values of the adjusted combined sig-
nal x include a first amplitude value t1' at a first time, a second
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amplitude value 12 at a second time that is after the first time,
and a third amplitude value t1 at a third time that is after the
second time. The amplitude value t3 of the first signal M1
occurs at the second time. The performing of the phase adjust-
ment of the adjusted combined signal x includes determining
aphase error between the adjusted combined signal x and the
first signal M 1.

In an example, the determining of the phase error is per-
formed according to the steps of FIG. 9. At 902, it is deter-
mined if the amplitude value t3 of the first signal M1 is within
a first range of amplitude values defined by the second ampli-
tude value 12 and the third amplitude value t1. At 904, it is
determined if the amplitude value t3 of the first signal M1 is
within a second range of amplitude values defined by the
second amplitude value t2 and the first amplitude value t1'. At
906, the phase error is set equal to 0 if the amplitude value t3
of'the first signal M1 is within the first range and is within the
second range. At 908, the phase error is set equal to 0 if the
amplitude value t3 of the first signal M1 is not within the first
range and not within the second range. At 910, the phase error
is set based on a value p if the amplitude value t3 of the first
signal M1 is within the first range and not within the second
range. The value p is determined using a linear approximation
based on ((t13-12)/(t1-t2)). At 912, the phase error is set based
on a value p' if the amplitude value t3 of the first signal M1 is
within the second range and not within the first range. The
value p' is determined using a linear approximation based on
((1B3-2)/(t1'-t2)).

FIG. 10A is a graph depicting an amplitude of a desired
signal s, and FIG. 10B is a graph depicting an amplitude of a
noise signal n. As described above with reference to FIGS. 1
and 2, s represents a desired signal received at an antenna, and
n represents a noise signal received at the antenna, such that
the first signal M1 described throughout this disclosure is
equal to (s+n). The x-axes of FIGS. 10A and 10B represent
time. In an example, the desired signal s of FIG. 10A repre-
sents a person’s speech that is on and off intermittently, and
the noise signal n of FIG. 10B represents background noise
(e.g., background noise in a restaurant that is received at a
microphone of a mobile phone). As illustrated in FIGS. 10A
and 10B, the desired signal s includes peaks and valleys, and
during these valleys, the noise signal n may be temporarily
louder than s.

In processing the signals s and n of FIGS. 10A and 10B
using the noise-filtering techniques described herein, phase
error values are generated as part of a phase adjustment pro-
cess. Example phase error values corresponding to the signals
sand n of FIGS. 10A and 10B are depicted in FIG. 10C. Thus,
in FIG. 10C, a y-axis represents a phase error value generated
by an error generator (e.g., error generator 404 or error gen-
erator 504 of FIGS. 4 and 5, respectively), and an x-axis
represents time. As illustrated in FIG. 10C, the phase error is
always within the range -1 to 1. When the desired signal s is
quiet, the phase error of FIG. 10C has a value that is away
from 0, reflecting the large delay dn. When the desired signal
s is dominant, the phase error is around O, reflecting the small
delay 0s. As noted above, in an example, when the phase error
deviates from O by too large a value (e.g., a predetermined
threshold value), the phase error may be determined to reflect
the large delay dn and may be set equal to O.

FIG. 11 is a flow diagram depicting a method of performing
noise filtering of a received signal. At 702, a first signal is
received via a first receiver. At 704, a second signal is received
via a second receiver. Each of the first and second signals
includes a desired signal portion and a noise portion, where
the desired signal portions are received at the first receiver and
the second receiver substantially simultaneously, and the
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noise portions are received at the first receiver and the second
receiver at different times. At 706, a combined signal based on
the first signal and the second signal is generated. At 708, the
combined signal is processed to generate an adjusted com-
bined signal. At 710, a phase adjustment is performed on the
adjusted combined signal based on (i) amplitude values of the
adjusted combined signal during a period of time, and (ii) an
amplitude value of the first signal during the period of time. At
712, the phase-adjusted signal is subtracted from the first
signal to generate a noise reference signal. The noise refer-
ence signal is a representation of the noise portion of the first
signal. At 714, the noise reference signal is subtracted from
the combined signal to generate a filtered output signal, the
filtered output signal being substantially similar to the desired
signal portions of the first and second signals.

The systems and methods described herein can be imple-
mented in a variety of contexts. FIG. 12 is a diagram depicting
the acquisition of a first signal M1 and a second signal M2 in
an audio processing context, such as part of a cell phone
microphone component. An audio receiver 802 includes a
plurality of microphones 804, 806 configured to receive an
audio signal from an audio source 808. The microphones 804,
806 are positioned orthogonally to a direction from which an
incoming audio signal 810, 812 from the audio source 808 is
expected to be received. Because the microphones 804, 806
are positioned orthogonally to the expected direction of travel
of the incoming audio signal 810, 812, the incoming signal
810, 812 is received by the microphones 804, 806, respec-
tively, at nearly the same time.

The communication channel through which the incoming
audio signal 810, 812 is transmitted will often introduce a
noise component from a noise source 814. For example,
ambient noise from the noise source 814 is picked up by the
microphones 804, 806. Because the noise source 814 is com-
ing from a direction that is not orthogonal to the positioning of
the microphones 804, 806, the microphones will receive the
noise signals 816, 818 at different times. In the example of
FIG. 13, the first microphone 804 receives the noise signal
816 before the second microphone 806 receives the noise
signal 818 due to the longer distance between the noise source
814 and those respective microphones. A noise filter 820 is
configured to utilize the time differentiation of the receipt of
the noise signals 816, 818 to generate a noise filtered audio
signal 822 that is as close as possible to the transmitted audio
signal 810, 812.

The signal processing described above with reference to
FIGS. 1-12 relates to processing of the first signal M1. It
should be appreciated that in examples, the same signal pro-
cessing algorithms are used in processing the second signal
M2.

This application uses examples to illustrate the invention.
The patentable scope of the invention includes other
examples. For example, the incoming signal in other imple-
mentations may be a WiFi signal, a radio wave signal, a sonar
signal, or any other electromagnetic signal.

It is claimed:

1. A system for performing noise filtering of a received

signal, the system comprising:

a first receiver configured to capture a first signal;

a second receiver configured to capture a second signal,
wherein each of the first and second signals includes a
desired signal portion and a noise portion, the desired
signal portions being received at the first receiver and the
second receiver substantially simultaneously, and the
noise portions being received at the first receiver and the
second receiver at different times; and
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a signal processor configured to

generate a combined signal based on the first signal and
the second signal,

process the combined signal to generate an adjusted
combined signal, wherein amplitude values of the
adjusted combined signal include (i) a first amplitude
value of the adjusted combined signal at a first time,
and (ii) a second amplitude value of the adjusted
combined signal ata second time that is before or after
the first time,

perform a phase adjustment on the adjusted combined
signal, wherein performance of the phase adjustment
includes determining a phase error between the
adjusted combined signal and the first signal, and
wherein determining of the phase error includes
approximating using a linear approximation a differ-
ence between (i) the first time, and (ii) a time at which
the adjusted combined signal has an amplitude value
of'the first signal, wherein the linear approximation is
based on the first amplitude value, the second ampli-
tude value, and the amplitude value of the first signal
at the time at which the adjusted combined signal has
the same amplitude value,

subtract the phase-adjusted signal from the first signal to
generate a noise reference signal, the noise reference
signal being a representation of the noise portion of
the first signal, and

subtract the combined signal to generate a filtered output
signal, the filtered output signal being substantially
similar to the desired signal portions of the first and
second signals.

2. The system of claim 1, wherein the difference is approxi-
mated based on

P=(B-2)(11-12),

where p is the approximated difference, t3 is the amplitude
value of the first signal, 12 is the first amplitude value of the
adjusted combined signal, and t1 is the second amplitude
value of the adjusted combined signal.

3. The system of claim 2, wherein the phase error is equal

to p normalized by a clock cycle T of the signal processor.

4. The system of claim 2, wherein the phase error is equal

to a product of p and a clock cycle T of the signal processor.

5. The system of claim 1, wherein the signal processor is

configured to perform the phase adjustment on the adjusted
combined signal to match a desired signal portion of the
adjusted combined signal with the desired signal portion of
the first signal.

6. A system for performing noise filtering of a received

signal, the system comprising:
a first receiver configured to capture a first signal;
a second receiver configured to capture a second signal,
wherein each of the first and second signals includes a
desired signal portion and a noise portion, the desired
signal portions being received at the first receiver and the
second receiver substantially simultaneously, and the
noise portions being received at the first receiver and the
second receiver at different times; and
a signal processor configured to
generate a combined signal based on the first signal and
the second signal,

process the combined signal to generate an adjusted
combined signal, wherein amplitude values of the
adjusted combined signal include (i) a first amplitude
value of the adjusted combined signal at a first time,
(i) a second amplitude value of the adjusted com-
bined signal at a second time that is before or after the
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first time, and (iii) a third amplitude value of the
adjusted combined signal at a third time that is after
the second time, wherein the first, second, and third
times occur within a period of time, and wherein an
amplitude value of the first signal occurs at the second
time,
perform a phase adjustment on the adjusted combined
signal, wherein the performing of the phase adjust-
ment of the adjusted combined signal includes deter-
mining a phase error between the adjusted combined
signal and the first signal, the determining of the phase
error including (i) determining if the amplitude value
of the first signal is within a first range of amplitude
values defined by the second amplitude value and the
third amplitude value, and (ii) determining if the
amplitude value of the first signal is within a second
range of amplitude values defined by the second
amplitude value and the first amplitude value,
subtract the phase-adjusted signal from the first signal to
generate a noise reference signal, the noise reference
signal being a representation of the noise on of the first
signal, and
subtract the combined signal to generate a filtered output
signal, the filtered output signal being substantially
similar to the desired signal portions of the first and
second signals.
7. The system of claim 6, wherein the determining of the
phase error includes:
setting the phase error equal to zero if the amplitude value
of the first signal is within the first range and within the
second range;
setting the phase error equal to zero if the amplitude value
of the first signal is not within the first range and not
within the second range;
setting the phase error based on a value p if the amplitude
value of the first signal is within the first range and not
within the second range, wherein p is determined by
approximating a first difference between (i) the second
time, and (ii) a time at which the adjusted combined
signal has the amplitude value of the first signal, and
wherein the approximating of the first difference is
based on the second amplitude value, the third amplitude
value, and the amplitude value of the first signal; and
setting the phase error based on a value p' if the amplitude
value of the first signal is within the second range and not
within the first range, wherein p' is determined by
approximating a second difference between (i) the sec-
ond time, and (ii) the time at which the adjusted com-
bined signal has the amplitude value of the first signal,
and wherein the approximating of the second difference
is based on the second amplitude value, the first ampli-
tude value, and the amplitude value of the first signal.
8. The system of claim 7, wherein the value p is determined
based on

(B3-12)/(t1-12),

where t3 is the amplitude value of the first signal, t2 is the
second amplitude value of the adjusted combined signal, and
tl is the third amplitude value of the adjusted combined
signal; and

wherein the value p' is based on

(B-2)/(t1"-12),

where t1'is the first amplitude value of the adjusted combined
signal.

9. The system of claim 1, wherein the signal processor is
configured to continue to perform the phase adjustment on the
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adjusted combined signal based on amplitude values of the
adjusted combined signal and the first signal via a feedback
loop.
10. A method for performing noise filtering of a received
signal, the method comprising:
receiving a first signal via a first receiver;
receiving a second signal via a second receiver, wherein
each of the first and second signals includes a desired
signal portion and a noise portion, the desired signal
portions being received at the first receiver and the sec-
ond receiver substantially simultaneously, and the noise
portions being received at the first receiver and the sec-
ond receiver at different times;
generating a combined signal based on the first signal and
the second signal;
processing the combined signal to generate an adjusted
combined signal, wherein amplitude values of the
adjusted combined signal include (i) a first amplitude
value of the adjusted combined signal at a first time, (ii)
a second amplitude value of the adjusted combined sig-
nal at a second time that is after the first time, and (iii) a
third amplitude value of the adjusted combined signal at
a third time that is after the second time, wherein the
first, second, and third times occur within a period of
time, and wherein an amplitude value of the first signal
occurs at the second time;
performing a phase adjustment on the adjusted combined
signal, wherein the performing of the phase adjustment
of the adjusted combined signal includes determining a
phase error between the adjusted combined signal and
the first signal, the determining of the phase error includ-
ing (i) determining if the amplitude value of the first
signal is within a first range of amplitude values defined
by the second amplitude value and the third amplitude
value, and (ii) determining if the amplitude value of the
first signal is within a second range of amplitude values
defined by the second amplitude value and the first
amplitude value;
subtracting the phase-adjusted signal from the first signal
to generate a noise reference signal, the noise reference
signal being a representation of the noise portion of the
first signal; and
subtracting the noise reference signal from the combined
signal to generate a filtered output signal, the filtered
output signal being substantially similar to the desired
signal portions of the first and second signals.
11. The method of claim 10, wherein the determining of the
phase error includes:
setting the phase error equal to zero if the amplitude value
of'the first signal is within the first range and within the
second range;
setting the phase error equal to zero if the amplitude value
of the first signal is not within the first range and not
within the second range;
setting the phase error based on a value p if the amplitude
value of the first signal is within the first range and not
within the second range, wherein p is determined by
approximating a first difference between (i) the second
time, and (ii) a time at which the adjusted combined
signal has the amplitude value of the first signal, and
wherein the approximating of the first difference is
based on the second amplitude value, the third amplitude
value, and the amplitude value of the first signal; and
setting the phase error based on a value p' if the amplitude
value of'the first signal is within the second range and not
within the first range, wherein p' is determined by
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approximating a second difference between (i) the sec-

ond time, and (ii) the time at which the adjusted com-

bined signal has the amplitude value of the first signal,

and wherein the approximating of the second difference

is based on the second amplitude value, the first ampli-

tude value, and the amplitude value of the first signal.
12. The method of claim 11, wherein the value p is deter-

mined based on

(B3-12)/(t1-12),

where t3 is the amplitude value of the first signal, t2 is the
second amplitude value of the adjusted combined signal, and
tl is the third amplitude value of the adjusted combined
signal; and

wherein the value p' is based on

(B-2)/(t1"-12),

where t1'is the first amplitude value of the adjusted combined
signal.

13. A system for performing noise filtering of a received

signal, comprising:

a first receiver configured to capture a first signal;

a second receiver configured to capture a second signal,
wherein each of the first and second signals includes a
desired signal portion and a noise portion, the desired
signal portions being received at the first receiver and the
second receiver substantially simultaneously, and the
noise portions being received at the first receiver and the
second receiver at different times;

an adder configured to combine the first signal and the
second signal to form a combined signal;

a phase shifter configured to process the combined signal
to generate an adjusted combined signal, wherein ampli-
tude values of the adjusted combined signal include (i) a
first amplitude value of the adjusted combined signal at
a first time, (ii) a second amplitude value of the adjusted
combined signal at a second time that is after the first
time, and (iii) a third amplitude value of the adjusted
combined signal at a third time that is after the second
time, wherein the first, second, and third times occur
within a period of time, and wherein an amplitude value
of the first signal occurs at the second time;

a phase feedback loop configured to perform a phase
adjustment to the adjusted combined signal, wherein the
performing of the phase adjustment of the adjusted com-
bined signal includes determining a phase error between
the adjusted combined signal and the first signal, the
determining of the phase error including (i) determining
if the amplitude value of the first signal is within a first
range of amplitude values defined by the second ampli-
tude value and the third amplitude value, and (ii) deter-
mining if the amplitude value of the first signal is within
a second range of amplitude values defined by the sec-
ond amplitude value and the first amplitude value; and

a subtractor configured to subtract the phase-adjusted sig-
nal front the first signal to generate a noise reference
signal that is subtracted from the combined signal to
generate a filtered output signal, wherein the noise ref-
erence signal is a representation of the noise portion of
the first signal, and wherein the filtered output signal is
substantially similar to the desired signal portions of the
first and second signals,

wherein the phase adjustment is continually regulated
based on amplitude values of the adjusted combined
signal and the first signal.
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